© 



J 



Europaisches Patentamt 
European Patent Office 
Office europeen des brevets 



0 Publication number: 



0 381 498 

A2 



© Application number: 90301057.7 
© Data of filing: 01.02.90 



EUROPEAN PATENT APPLICATION 

© int. Cl. 5 : H04R 3/00, H04R 1/40 



© Priority: 03.02.89 JP 25012/89 


© Applicant MATSUSHITA ELECTRIC 


INDUSTRIAL CO., LTD. 


© Date of publication of application: 


1006, Kadoma 


08.08.90 Bulletin 90/32 


Kadoma-shl Osaka 571 (JP) 


® Designated Contracting States: 


© Inventor: Kanamori, Takeo 


DEFRGBIT 


1-1-414, Chiyoda-cho 




Takatsuki-shl, Osaka-fu, 569(JP) 




Inventor: Furukawa, Hirokl 




■ 1-5, 11-712, Tomobuchl-cho, MlyakoJIma-ku 




Osaka-shi, Osaka-fu, 534(JP) 




Inventor: tbaraki, Satoru 




2-chome, 2-28, Sannose 




Higashlosaka-shi, Osaka-fu, 577(JP) 




inventor: Matsurnoto, Michio 




229, Onosato 




Sennan-shi, Osaka-fu, 590-05(JP) 




© Representative: Crawford, Andrew Blrkby et al 




A. A. THORNTON & CO. Northumberland 




House 303-306 High Holbom 




London WC1V7LE(GB) 



© Array microphone. 

© An array microphone according to the present 
invention is a directional microphone having an im- 
proved quality of directional characteristic in which 
both the sensitivity and the sound pressure fre- 
quency response are uniform within the recording 
f^area and more particularly, the quality and level of 
<^ sound remain unchanged. The array microphone 
comprises a microphone array including a plurality 
gjof microphone units, and a two-dimesional filter for 
^filtering an output of the microphone array in the 
dimensions of both time and space. When the two- 
gg dimensional filter is a digital filter and varied in the 
Mtwo-dimensional filter coefficient and sampling fre- 
Qquency, the array microphone serves as a variable 
directional microphone whose directional characteris- 
tic can be veried with the sound quality and level 
remaining unchanged throughout the recording area. 
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The present invention relates to an array micro- 
phone having a plurality of microphone units ar- 
ranged to form a microphone array. 

An array microphone which has an enhanced 
quality of directional characteristic, has widely been 
employed for remote recording with a high S/N 
ratio and for acoustic feedback suppression or 
elimination of howl effects generated by a loud- 
speaker system. 

Such a known array microphone comprises a 
microphone array consisting of a plurality of micro- 
phone units, a plurality of delay circuits for delay- 
ing output signals of the respective microphone 
units, a plurality of signal amplifier circuits for 
weighting outputs of the respective delay circuits, 
and an adder circuit for summing outputs of the 
amplifier circuits. The output of the adder circuit is 
an output of the array mirophone. 

In the prior art array microphone, the direction 
of sound recording is controlled by the delay cir- 
cuits and the output of each microphone unit is 
weighted by the corresponding signal amplifier cir- 
cuit. This serves as a spatial filter for controlling the 
directional characteristic such that the main lobe 
directs in a desired direction. 

This type of directional characteristic has a 
nature of frequency dependence, i.e. it will be 
sharp when the frequency is high. Therefore, there 
is such a disadvantage that slight movement of a 
speaker during recording causes a great change in 
the sound quality. In conventional manners of 
sound recording with a speaker moving, a plurality 
of line microphones oriented in different directions 
are selectively switched according to the move- 
ment of the speaker or the direction of each line 
microphone is mechanically controlled. However, 
such manners require a bulky and complicated 
hardware and thus are less practical. On the other 
hand, the conventional directional microphone has 
a fixed directional characteristic which is not unad- 
justable to a desired quality of directional charater- 
istic for specific use and thus must be utilized in 
combination with different type including uni-direc- 
tionai type, bi-directional type. etc. 

An object of the present invention is to provide 
an array microphone having an improved quality of 
directional characteristic which is of no frequency 
dependence and variable for desired applications, 
ensuring no change in the sound quality and level 
when a speaker moves about within a recording 
area.^ In the directional characteristic, a "recording 
area" is defined as a particular angle range in 
which adequately high sensitivity including the 
maximum sensitivity is obtained. A "dead zone" is 
defined as an angle range in which the sensitivity 



microphone 



is adequately lower relative to that in the recording 
area. 

To achieve the above object, an array micro- 
phone according to the present invention com- 
s prises a microphone array having a plurality of 
microphone units and a two-dimesional filter coup- 
led to the microphone array for filtering outputs of 
the microphone array in the dimensions of both 
time and space simultaneously. Preferably, the 
io two-dimensional filter is a digital filter. The array 
microphone of the present invention may further 
comprises a coefficient change circuit for changing 
a filter coefficient of the two-dimensional filter and 
a sampling frequency control circuit for varying the 
is sampling frequency of the two-dimensional filter. 

Accordingly, the two-dimensional process of a 
signal can be executed on the time axis referring to 
a time change in the signal output of the micro- 
phone array and along the space axis referring to a 
20 spatial change in the signal output of the micro- 
phone array. As the result, the array microphone of 
the present invention has an improved quality of 
directional characteristic involving no frequency de- 
pendence and thus, ensuring no change in the 
25 sound quality and level during the movement of a 
speaker within the recording area. Also, the direc- 
tional characteristic can be changed in shape by 
changing the filter coefficient in the two-dimen- 
sional filter. Furthermore, the recording area can be 
30 changed by varying the sampling frequency. The 
details of the operation will be described. 

Assuming that the direction of the arrangement 
of the microphone array is expressed as 0 = 0* on 
a two-dimensional frequency plane defined by two 
3S perpendicularly crossing frequency axes of a' time 
frequency f1 and a space frequency f2 with respect 
to time and spatial changes in the output of the 
microphone array respectively, the frequency spec- 
trum of a sound wave detected by the microphone 
40 array is represented by: 

f2 = f1*d'cos(0K(T'c) (1) 
where T is a cycle period of sampling, d is a 
distance between two adjoined microphone units, 
and c is a velocity of sound. 
*5 The two-dimensional filter may have a pass 
range expressed by the following formula (2). (e.g. 
a fan filter discribed in "On the practical design of 
discrete velocity filters for seimic data processing" 
by K.LPeacock, IEEE Trans. Acoust, Speech & 
so Signal Process., ASSP-30, 1, pp.52-60 in 
Feb.,1982). or may have any one of the pass 
ranges expressed by the following formulas (3) to 
(7): 

|f2|<|f1| (2) 

. W>|n| O) 
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|f2|>|f1|andf1xf2> 0 (4) 
|f2|>|f1| and I1xf2 < 0 (5) 
|f2|<|f1|andf1xf2> 0 (6) 
|f2|<tf1| and f1xf2 < 0 (7) 
•Recording areas expressed by the following for- 
mulas (8) to (13) can be obtained by applying the 
equation (1) to the formulas (2) to (7), respectively: 
QO'-cos^CPc/d) £ e £ 90* + cos- 1 (T*c/d) 
270* -cos^fp c/d) £ e $ 270 ' + cos-'fPc/d) 
(8) 

-cos^CT-c/d) 50< cos-'fPc/d) 
180*-cos-'(T'c/d) £ 0 £ 180 ' +cos^(T # c/d) 
(9) 

-cos-'CT'c/d) s e s cos-'fT-c/d) (10) 
180"-cos- 1 (T'c/d) £ 0 £ 180' + cos" 1 (T* c/d) 

cos^CT'c/d) £ 0 £90" 
270* ^al 360 * -cos- 1 (T* c/d) (12) 
90' £ 0 ^-cos^CT'c/d) 
180" +cos- , (T*c/d) S 0 S 270" (13) 
The above formulas (8) to (13) contain no variable 
corresponding to the frequency and thus, the direc- 
tional characteristic of no frequency dependence is 
established. It is understood that the formulas (8) to 
(13) demonstrate examples of the directional char- 
acteristics each of which can be obtained by 
changing the two-dimensional filter coefficient with 

5 a coefficient change circuit. It is also apparent from 
the formulas (8) to (13) that the recording area can 
be varied by changing the sampling frequency fs 
(= 1/T) with a sampling frequency control circuit. 

According to the present invention, as set forth 
above, there are provided in combination a micro- 
phone array having a plurality of microphone units 
and a two-dimensional filter for filtering outputs of 
the microphone array in the dimensions of time 
and space at one time, so that the improved quality 
of directional characteristic is obtained which is of 

; no frequency dependence and ensures no change 
in the sound quality and level during the movement 
of a speaker within the recording area. Preferably, 
the two-dimensional filter is a digital filter. Also, 
with addition of a coefficient change circuit for 
changing the coefficient of the two-dimensional fil- 
ter and a sampling frequency control circuit for 
varying the sampling frequency of the two-dimen- 
sional filter, the directional characterise can be ar- 
bitrarily varied. 

Fig.1 is a schematic view of an array micro- 
phone according to a first embodiment of the 

■« present invention; 

Rg.2 is a diagram showing the directional 
characteristics of the array microphone according 
to the first embodiment of the present invention; 

Rg.3 is a schematic view of an array micro- 
phone according to a second embodiment of the 
present invention; 

Rg.4 is a diagram showing the directional 



characteristics of the array microphone according 
to the second embodiment of the present invention; 

Rg.5 is a schematic view of an array micro- 
phone according to a third embodiment of the 
5 present invention; and 

Fig.6 is a schematic view of an array micro- 
phone according to a fourth embodiment of the 
present invention. 

A first embodiment of the present invention will 
to be described in the form of an array microphone 
referring to the accompanying drawings. Fig.1 illus- 
trates the array microphone according to the first 
embodiment in which represented by 51 to 55 are 
omni-directional microphone units. The omni-direc- 
rs tional microphone units 51 to 55 are provided in 
linear arrangement constituting a microphone array 
1. Represented by 2 is an analog-to-digital (AD) 
converter circuit which converts analog signals 
from the respective omni-directional microphone 
20 units 51 to 55 in the microphone array 1 to digital 
signals. The AD converter circuit 2 comprises a 
plurality of low-pass filters (LPF) each removing a 
high frequency component from an output signal of 
a corresponding microphone unit and a plurality of 
25 analog-to-digital converters (A/D) for converting 
outputs of the respective LPFs to digital signals. 
The numerals 61 to 65 represent RR filters and 71 
is an adder circuit. A two-dimensional filter 3 is 
constituted by the RR filters 61 to 65 receiving 
30 output signals from the AD converter circuit 2 and 
the adder circuit 71 for summing output signals 
from the RR filters 61 to 65 to obtain a composite 
digital signal. Denoted by 4 is a digital-to-analog 
(DA) converter circuit for converting the digital sig- 
35 nal from the two-dimensional filter 3 into an analog 
signal which is outputted from a terminal 5. There 
are also provided a coefficient change circuit 8 for 
changing a filter coefficient of the two-dimensional 
filter 3 and a sampling frequency control circuit 7 
40 for varying the sampling frequencies of the AD con 
verter circuit 2, two-dimensional filter 3, and DA 
converter circuit 4. 

The operation in the array microphone having 
the foregoing arrangement will then be explained. A 
45 sound wave picked up by the microphone array 1 
is converted to electric signals with the omni-direc- 
tional microphone units 51 to 55 of the microphone 
array 1 and transferred to the AD converter circuit 
2. The analog signals from the microphone array 1 
so are then converted by the AD converter circuit 2 
into digital signals which are in turn sent to the two- 
dimensional filter 3. The digital signals from the AD 
converter circuit 2 are filtered in the dimensions of 
both time and space by the two-dimensional filter 3 
55 and then, a filtered digital signal is transferred to 
the DA converter circuit 4. The digital output from 
the two-dimensional filter 3 is converted to an an- 
oiog signal by the DA converter circuit 4. The 
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coefficient change circuit 6 is arranged for varying 
the filter coefficient in the two-dimensional filter 3 
to change the directional characteristic of the array 
microphone. The sampling frequency control circuit 
7 is provided for changing the sampling frequen- 
cies of the AD converter circuit 2, the two-dimen- 
sional filter 3, and the DA converter circuit 4 re- 
spectively to vary the range of the recording area. 
Fig.2 shows the relationship among the microphone 
directionaJ characteristic, the sampling frequency 
varied by the sampling frequency control circuit 7, 
and the two-dimensional filter magnitude frequency 
response with the use of a two- dimensional filter 
coefficient supplied from the coefficient change cir- 
cuit 6 to the two-dimensional filter 3. Although the 
microphone array 1 in the embodiment consists of 
omni-directional microphone units arranged linearly 
at equal intervals, it may be constructed with a 
plurality of directional microphone units. 

Accordingly, the combined arrangement of the 
microphone array comprising a row of microphone 
units and the two-dimensional filter adapted for 
filtering the output signal of the microphone array 
in the dimensions of both time and space at a time 
upon receiving the same as an input signal, can 
provide an improved quality of directional char- 
acteristic which is of no frequency dependence and 
ensures no change in the sound quality and level 
even when a speaker moves about within the re- 
cording area. Preferably, the two-dimensional filter 
is a digital filter. Also, with an additional arrange- 
ment of the coefficient change circuit for varying a 
filter coefficient of the two-dimensional filter and 
the sampling frequency control circuit for varying 
the sampling frequency of the two-dimensional fil- 
ter, the directional characteristic can be varied ac- 
cording to the purpose of use. 

A second embodiment of the present invention 
will be described in conjunction with the drawings. 
Fig.3 illustrates an array microphone acccording to 
the second embodiment in which represented by 

51 to 55 are an odd number of omni-directional 
microphone units linearly arranged at equal inter- 
vals from the unit 51 to 55. 72 is an adder circuit 
for summing the outputs of the two omni-directional 
microphone units 51 and 55. Similarly, another 
adder circuit 73 is provided for summing the out- 
puts of the two omni-directional microphone units 

52 and 54. The omni-directional microphone units 
51 to 55 and both the adder circuits 72 and 73 
constitute in combination a microphone array 1 
which delivers outputs from the adder circuits 72, 
73 and the omni-directional microphone unit 53. 
Also, provided is a AD converter circuit 2 for con- 
verting the analog outputs from the microphone 
arrray 1 into digital signals. There are provided FIR 
filters 61 to 63 and an adder circuit 7 which con- 
stitute a two-dimensional filter 3. Accordingly, the 



digital outputs from the AD converter circuit 2 are 
fed to the FIR filters 61 to 63. Filtered outputs from 
the FIR filters are added by the adder circuit 7. The 
digital output from the two-dimensional filter 3 is 
s then converted back into an analog signal, by a 
digital-to-anaiog (DA) converter circuit 4. ana out- 
putted from a terminal 5. 

The operation in the array microhpone having 
the foregoing arrangement will be described. The 
70 principle of the operation is similar to that of the 
first embodiment. Such particular directional char- 
acteristics as shown in Fig.4-b can be obtained in a 
more simple manner according to the second em- 
bodiment Fig.4-a shows the magnitude response 
15 of the two-dimensional filter corresponding to the 
characteristics of Fig.4-b. To have this magnitude 
response in the first embodiment, both trfe. FIR 
filters 61 and 65 should be the same in the FIR 
filter coefficient Also, the FIR filters 62 and 64 are 

20 the same in the FIR filter coefficient. Accordingly, 
the directional characteristic of the microphone ar- 
ray can be created in the second embodiment by 
summing with the adder circuit 72 the outputs from 
the omni-directional mirophone units 51 and 55 and 

25 with the adder circuit 73 the outputs form the omni- 
directional microphone units 52 and 54 prior to the 
same processing as in the first embodiment with 
the AD converter circuit 2. the two-dimensional 
filter 3, and the OA converter circuit 4. x 

30 According to the second embodiment the mi- 
crophone array 1 of the first embodiment is substi- 
tuted in the arrangement by the combination of an 
odd n-number of linearly arranged microphone 
units and adder circuits for summing the outputs of 

35 the i-th and (n-i + 1)-th microphone units, where 1 £ 
i £ (n-1)/2. This allows the entire circuitry system to 
be reduced in size and ensures the improved qual- 
ity of directional characteristic which is of no fre- 
quency dependence and causes no change in the 

40 sound quality and level when a speaker boves 
about within the recording area. 

A third embodiment of the present invention 
will then be described in conjunction with the draw- 
ings. Fig.5 illustrates an array microphone acccor- 

45 ding to the third embodiment in which the micro- 
phone array 1 of the second embodiment is 
changed in the arrangement while the other com- 
ponents remain unchanged. The numerals 51 to 56 
are an even number of omni-directional micro- 

so phone units linearly arranged at equal intervals 
from the unit 51 to unit 56. 72 is an adder circuit 
for summing the outputs of the two omni-directional 
microphone units 51 and 56. There are also pro- 
vided a couple of adder circuits 73 and 74 for 

55 summing the outputs of the two omni-directional 
microphone units 52, 55 and 53. 54 respectively. 
The omni-directional microphone units 51 to 56 
and the adder circuits 72, 73, and 74 constitute .in 
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combination a microphone array 1 which delivers 
outputs from the adder circuits 72. 73, and 74. 

The operation in the array microhpone having 
the foregoing arrangement will be explained. In the 
microphone array 1. the outputs of the omnidirec- 
tional microphone units 51 and 56 are summed by 
the adder circuit 72, the outputs of the units 52 and 
55 by the adder circuit 73, and the outputs of the 
units 53 and 54 by the adder circuit 74. The 
following process with an AO converter circuit 2, a 
two-dimensional filter 3, and a DA converter circuit 
4, is the same as in the first embodiment, providing 
an equal quality of directional charateristic in the 
microphone array. 

According to the third embodiment, the micro- 
phone array 1 of the first embodiment is changed 
in the arrangement to the combination of an even 
n-number of linearly arranged microphone units 
and a plurality of adder circuits for summing the 
outputs of the i-th and (n-i+1)-th microphone units. 
Where 1 S i £ n/2. This allows the entire circuitry 
system to be reduced in size and ensures the 
improved quality of directional characteristic which 
is of no frequency dependence and causes no 
change in the sound quality and level when a 
speaker moves about within the recording area. 

A fourth embodiment of the present invention 
will be described in the form of an array micro- 
phone referring to the accompanying drawings. 
Fig.6 illustrates the array microphone according to 
the fourth embodiment in which represented by 
:,151 to 155 are omni-directional microphone units. 
The omni-directional microphone units 151 to 155 
are provided in the linear arrangement constituting 
a first microphone array 11. The numeral 12 repre- 
sents an analog-to-digital (AD) converter circuit 
which converts analog outputs from the respective 
omni-directional microphone units 151 to 155 in the 
microphone array 1 1 to digital signals. Represented 
by 161 to 165 are FIR filters and 171 is a first 
adder circuit. There is a first two-dimensional filter 
14 constituted by the FIR filters 161 to 165 for 
receiving signal outputs from the AD converter 
circuit 12 and the first adder circuit 171 for sum- 
ming signal outputs of the FIR filters 161 to 165 in 
order to distribute a composite digital signal. Also, 
provided is a first band limit filter 15 which may be 
a high-pass filter (HPF) for limiting a given fre- 
quency band of the signal transferred from the first 
adder circuit 171 of the first two-dimensional filter 
14. 16 is a delay circuit for delaying the output of 
the first band limit filter 15. Represented by 251 to 
255 are also omni-directional microphone units 
which are linearly arranged at equal intervals of n 
.times the interval of the omni-directional micropb- 
hne units 151 to 155 and constitute a second 
microphone array 21. 22 is a second analog-to- 
digitai (AD) converter circuit for converting analog 



outputs of the omni-directional microphone units 
251 to 255 of the microphone array 21 Into digital 
signals. The sampling frequency of each digital 
output from the AD converter circuit 22 is divided 
5 into 1/n by a down sampling circuit 23. The nu- 
merals 261 to 265 are aJso FIR filters for receiving 
output signals from the down sampling circuit 23 
while 271 is a second adder circuit for summing 
the signal outputs of the FIR filters 261 to 265. The 
ro FIR filters 261 to 265 and the second adder circuit 
271 constitute in combination a second two-dimen- 
sional filter 24. Further, provided is an up sampling 
circuit 25 for multiplying by n the sampling fre- 
quency of an output derived from the second adder 
75 circuit 271 of the second two-dimensional filter 24. 
The numeral 26 is a second band limit filter which 
may be a low-pass filter (LPF) for limiting a particu- 
lar frequency band of the output of the up sampling 
circuit 25. There is a third adder circuit 17 for 
20 summing the signal outputs of the delay circuit 16 
and the second band limit filter 26. 18 is a digital- 
to-analog (DA) converter ciruit for converting the 
output of the third adder circuit 17 from digital to 
analog. 19 is a terminal from which the analog 
25 output signal is outputted. 

The operation of the array microphone having 
the foregoing arrangement will then be explained. 
The outputs of the first micropnone array 11 are 
converted into digital signals by the first AD con- 
30 verter circuit 1 2 and then, filtered In the dimensions 
of both time and space by the first two-dimensional 
filter 14. The first band limit filter 15 allows a high 
frequency, range of the signal from the first two- 
dimensional filter 14 to pass. The signal transmitted 
35 across the first band limit filter 15 is then delayed 
by the delay circuit 16 so as to correspond to a 
low-frequency signal in the respect of time base 
group delay response which will be described later. 
The first and second microphone arrays 11, 21 are 
40 arranged in a paralell and co-centering relationship, 
thus allowing the high and low frequency signals to 
correspond to each other in the term of spatial 
group delay response. The outputs of the second 
microphone array 21 are converted by the second 
45 AD converter circuit 22 into digital signals of which 
sampling frequency is in turn divided into 1/n by 
the down sampling circuit 23. The second two- 
dimensional filter 24 has the same two-dimensional 
filter coefficient as of the first two-dimensional filter 
50 14 in order to filter the output of the down sampling 
circuit 23 in the dimensions of time and space. 
Then, the sampling frequency of the output from 
the second two-dimensional filter 24 is multiplied 
by n with the up sampling circuit 25 and its low 
55 band only is passed through the second band limit 
filter 26 to come out as a low frequency signal. The 
outputs of the delay circuit 16 and the second band 
limit filter 26 are summed up by the third adder 
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circuit 17 and converted to an analog signal with 
the DA converter circuit 18 for output. 

According to the fourth embodiment, the im- 
provement comrises a first microphone array in- 
cluding a row of microphone units, a first AD con- 
verter circuit for converting the analog output of 
each microphone unit into a digital signal, a first 
two-dimensional filter for filtering the output of the 
first AD converter circuit in the dimensions of both 
time and space at a time, a first band limit filter for 
limiting a given band of the output from the first 
tow-dimensional filter, a delay circuit for delaying 
the output of the first band limit filter, a second 
microphone array including microphone units ar- 
ranged at intervals of n times the interval of the 
microphone units of the first microhpone array, a 
second AD converter circuit for converting the ana- 
log output of each microphone unit of the second 
microphone array into a digital signal, a down sam- 
pling circuit for dividing the sampling frequency of 
an output from the second AD converter circuit into 
1/n. a second two-dimesional filter for fltering the 
output of the down sampling circuit in the dimen- 
sions of both time and space at one time, an up 
sampling circuit for multiplying by n the sampling 
frequency of an output from the second two-dimen- 
sional filter, a second band limit filter for limiting a 
given band of the output from the up sampling 
circuit, an adder circuit for summing the outputs of 
the delay circuit and the second band limit circuit, 
and a digital-to-analog converter circuit for convert- 
ing the digital output of the adder circuit into an 
analog signal. This arrangement allows the band of 
frequency to extend and the entire circuitry system 
to decrease in size as compared with the first 
embodiment. 



Claims 

1. An array microphone comprising: 

a microphone array including a plurality of micro- 
phone units, and 

a two-dimensional filter for filtering an output of 
said microphone array in the dimensions of both 
time and space at one time. 

2. An array microphone according to Claim 1, 
wherein said microphone units are arranged lin- 
early. 

3. An array microphone according to Claim 1, 
wherein said microphone units are arranged at 
equal intervals. 

4. An array microphone according to Claim 1 , 
wherein each of said microphone units is an omni- 
directional microphone unit 

5. An array microphone according to Claim 1, 
wherein each of said microphone units is a direc- 
tional microphone unit 



6. An array microphone according to Cfcim 1. 
wherein said microphone array comprises an even 
n-number of microphone units linearly arranged at 
equal intervals and an adder circuit for summing up 

5 outputs of i-th and (n-i + l)-th microphone units, 
where 1£i£n/2. 

7. An array microphone according to Claim 1. 
wherein said microphone array comprises an odd 
n-number of microphone units linearly arranged at 

io equal intervals and an adder circuit for summing up 
outputs of i-th and (n-i+l)-th microphone units, 
where 1£iS(n-t)/2. 

8. An array microphone comprising: 

a microphone array including a plurality of micro- 
75 phone units: 

an analog-to-digital converter circuit for converting 
an analog output of said microphone array into a 
digital signal; 

a two-dimensional filter for filtering the digital signal 
20 from said analog-to-digital converter circuit in the 
dimensions of both time and space at one time; 
and 

a digital-to-analog converter circuit for converting a 
digital output of said two-dimensional filter ifrto an 
25 analog signal. 

9. An array microphone according to Claim 8, 
wherein said microphone units are arranged lin- 
early. 

10. An array microphone according to Claim 8. 
30 wherein said microphone units are arranged at 

equal intervals. 

11. An array microphone according to Claim 8. 
wherein each of said microphone units is an omni- 
directional microphone unit 

35 12. An array microphone according to Claim 8, 

wherein each of said microphone units is a'direc- 
tional microphone unit. 

13. An array microphone according to Claim 8. 
wherein said microphone array comprises an even 

40 n-number of microphone units linearly arranged at 
equal intervals and an adder circuit for summing up 
outputs of i-th and. (n-i + l)-th microphone units, 
where 1£iSn/2. 

14. An array microphone according to Claim 8, 
45 wherein said microphone array comprises an odd 

n-number of microphone units linearly arranged at 
equal intervals and an adder circuit for summing up 
outputs of i-th and {n-i + i)-th microphone units, 
where 1£kS(n-1)/2. 
so 15. An array microphone according to Claim 8. 

further comprising a coefficient change circuit for 
changing a coefficient of said two-dimensional fil- 
ter. 

16. An array microphone according to Claim 8. 
55 further comprising a sampling frequency control 
circuit for varying sampling frequencies of said 
analog-to-digital converter circuit, said two-dimen- 
sional filter, and said digital-to-analog converter cir- 
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cuit. 

17. An array microphone according to Claim 8, 
wherein said two-dimensional filter comprises FIR 
digital filters for filtering outputs of said microphone, 
units respectively and an adder circuit for summing 5 
up outputs of said FIR digital filters. 

18. An array microphone comprising: 

a first microphone array including a plurality of first 
microphone units arranged in a row; 
a first analog-to-digital converter circuit for convert- io 
ing an analog output of said first microphone array 
into a digital signal; 

a first two-dimensional filter for filtering the digital 
signal from said first analog-to-digital converter cir- 
cuit in the dimensions of both time and space at is 
one time; 

a first band limit filter for limiting a given band of 
an output of said first two-dimensional filter; 
a delay circuit for delaying an output of the first 
band limit filter; 20 
a second microphone array including a plurality of 
second microphone units arranged at intervals of n 
times an interval of the first microphone units of 
^said first microphone array; 

a second analog-to-digital converter circuit for con- 25 
verting an analog output of said second micro- 
phone array into a digital signal; 
a down sampling circuit for dividing into 1/n a 
sampling frequency of the digital signal from the 
second analog-to-digital converter circuit; 30 
a second two-dimensional filter for filtering an out- 
put of said down sampling circuit in the dimensions 
of both time and space at one time; 
an up sampling circuit for multiplying by n the 
sampling frequency of an output of said second 35 
'two-dimensional filter; 

a second band limit filter for limiting a given band 
of an output of said up sampling circuit; 
an adder circuit for summing up outputs of said 
delay circuit and said second band limit filter; and 40 
a digital-to-analog converter circuit for converting 
an output of said adder circuit into an analog sig- 
nal. 
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® The array microphone is a directional micro- 
phone having an improved quality of directional 
characteristic in which both the sensitivity and the 
sound pressure frequency response are uniform 
within the recording area and more particularly, the 
quality and level of sound remain unchanged. The 
array microphone comprises a microphone array (1) 
including a plurality of microphone units (51-55), and 
a two-dimesiona! filter (3) for filtering an output of the 
microphone array in the dimensions of both time and 
space. When the two-dimensional filter is a digital 
filter and varied in the two-dimensional filter coeffi- 
: cient and sampling frequency, the array microphone 
serves as a variable directional microphone whose 
directional characteristic can be varied with the 
sound quality and level remaining unchanged 
throughout the recording area. 
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